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iitrr ot roritl HI1 hilliloill ' *159159* AUDI O
ENHANCEMENT METHOD AND SYSTEM 5 BACKGROUND TO THE

I NVENTI ON Field of the invention This invention
relates to a nethod and a system for enhancenent of

t he o tput of an audio device. Specifically, it

reI |mmmmﬂ tem and net hod for psychoacoustic bass
enh Due to limtations inposed by size,
power anshwost, the speakers used in persona

conmput ers, notebooks, portable devices etc., have poor
response at the lower part of their frequency range
that will result that their reproduction of bass
AUIHEOSENSH ANOCEMENT METHROM ANPsSYISEEM em such as t hat
di scl osed in SGL15665, where the audi ble sound is
generated by nonlinear denodul ation of a nodul ated
ultrasoni c signal, the perceived 15 audi o out put

BACKGROWYDSEO T HEUNGENTRONNher ent |y poor in | ow
frequency response. A conventional way to enhance the

PRfPofidlihtohtion t 0 use a frequency equalizer that wll
boost the anplitude of |ow frequency part of the

f’hlgqgvemlgplrg‘la e§ DY m@!h\é\@%ﬁd %ns gIef 16{; IC\Illg c%gleHI OP the output of an
SURpLI on and aay even

eases

SRS SRR O P B0 AR e v

20 One of these alternatives is to enhance the bass by
t§Wee of psychoacoustic properties of human

hearing system An exanple of this is disclosed in

D8e Ao 31n9i30i087 3mpPirdl hppercapowedant lcosethd speakets ysad enmtpersonal

i ncl udes a harnonics generator coupled to a frequency

genanat onotaubkbepntabtapalite at., genepodr rgporfkserat &g ower part of

fundanental frequency within a | ow frequency range of

fheir g¥eqéncyaam@SthaURi NREITPHaE the i rdBtbd M bass?dunds is poor. For
sequence of harnonics. The sequence of harnonics,

LSRR A b8 Wb SSP S that QisERELY in SG115665, where the audible sound is
generated by nonlinear demodulation of a modulated ultrasonic signal, the perceived
audio output produced by such devices is inherently poor in low frequency response.

A conventional way to enhance the bass quality is to use a frequency equalizer that will
boost the amplitude of low-frequency part of the signal. This is not always an effective
solution since it increases power consumption and may even damage the speaker.
Therefore, other ways for improving the sound quality have also been considered.

One of these alternatives is to enhance the bass by making use of psychoacoustic
properties of human hearing system. An example of this is disclosed in
US-A-5 930 373. The apparatus disclosed in that patent includes a harmonics generator
coupled to a frequency generator and being capable of generating, for each fundamental
frequency within a low frequency range of interest, a residue harmonic signal having a

sequence of harmonics. The sequence of harmonics, generated with respect to each
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*000002* -2- fundanental frequency contains a first
group of harnonics that includes at |east three
consecutive harnonics fromanong a prinmary set of
har noni cs of the fundanental 2frequency. However,
al t hough the harnoni cs can be“generated by these

echni ques, their anplitudes are quite dependent on
R AR Eemenot CORANS R PnERUP Gh darRe S TaE ineludes éh dgpst three
signal. SUMVARY OF THE | NVENTI ON The invention
epertize Bymenist &g fgogs apdMenssgnel harsanigspelethe fundamental
| ow frequency conponents, which woul d not be
freqpieoeuc dtbvefvbe atlthorgly theyhamehicstoanrsdganerasgd Apdhese techniques,
replacing themw th higher-frequency conponents. The
thiey hanplf théesu ereC yuico Ripesnesiits od GharsppBeine aifetthe t @rigids efundamental
frequenci es and anplitudes such the transformation has
freqlieféy@bnalper cept ual effect upon the signal. Froma
first aspect, this invention provides a nethod for
?UWQW(W‘T iOVENGI®N conprising: a. extracting

-

omthe signal conponents that fall within a stop
?ﬁg dliéveinkﬁ'on gg;gé?zrit%g i o gﬁcfczeg%n Ofano ggc!l}g r %}én?{%g&’h g%nqgvnfl: Clg’wpffrequency

xtract conp ng a
down- sanpl ing and, repeating; .c. weighting each
FRAPRBAIS b*g}“@bmqu |ﬂPh§eir€ rodycgdne %gfﬂé{ﬁlpn P smalntrensdpgers, and

of a.respectjve‘mei?hting factor; and d. adding the
relagedbempithbighes freguanpe camaprenss. ghlg higherfrequeacy gpomponents
output signal. In such a nethod, each high-order

ararsnisplied te Aavbiegeneieatrd ampiedensehtthy trangdorn dtendfas meminimal
its anplitude is individually adjustable wthout

pdrfeptial effbarupbarimasiges. This 20 all ows an opti nal

bass enhancement effect to be produced by conbination

Bifont Befirshadp@Bnitis i dnllioARRbARES AlifetBEPfdrt 8fRAReing an audio signal
comprising: a. extracting from the signal components that fall within a stop band;
b. generating a set of one or more harmonics of the extracted components using a
method of down-sampling and repeating; c. weighting each harmonic by controlling its
gain by application to it of a respective weighting factor; and d. adding the weighted
harmonics to the audio signal to create an output signal.

In such a method, each high-order harmonic can be generated independently and
therefore its amplitude is individually adjustable without affect other harmonics. This
allows an optimal bass enhancement effect to be produced by combination of the
harmonics with appropriate amplitudes.

Typically, the weighting of each harmonic is determined by psychoacoustic analysis of
an audio reproduction system by which the transformed signal will be reproduced. The

psychoacoustic analysis typically includes analysis of the signal frequency, loudness and

duration; that is, it analyses the basic features of the sound.
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Typically, the weighting of each harnonic is

determ ned by psychoacoustic analysis of an audio
reproducti on system by which the transformed signa

will be reproduced. The psychoacoustic analysis

typically includes analysis of the signal frequency,

| oudness and 25 duration; that is, it analyses the

basic features of the sound. -3- Nbst advantageously,

Maost afuRgsPEsly.s caehditanerichis erRaliegby H8diHISs #mdp@y-sampled
internedi ate signal the audio signal and repeating the
infaraediatgi sagnal shegandio sigodl andaepeatiag theaintasmiediatessigal such that the
duration equal to the audio signal. This allows each
Iegmeorei s dfodurationgeqet & ¢ttt autble pegndienThis ltoovs embhharmonic to be
other and therefore the anplitude of each harnonic 5
genetanedi Midehealentlyafipmsdaath behewhiih thgtefadeftRE hinpPtidb @ f @hdreliarmonic
har noni cs. To generate the nth harnonic in such

gnhedidmm %djutsﬁﬁlé RS edteatify HOBREr ARYNIHREP! TS Generate the n
every nth sanple of the audio signal, and the

d gna{&l ifi s %ﬂ?@&bé&ﬁqeﬂtsf BRSht e%@dl&e%%ﬁaf‘%a%%%ﬁﬁ?@é e " sample

e audio signal I's typlc ted

AIpEeiBa Benht $n ﬁ‘%‘??"éﬁ’%?%%ﬁ?& ks Mﬁemswdlate signal.

makes opt|nal use of nenory. 10 However, it could

T restinensh s comiea UcEMER e Rrig” e char FoRisegments may be of equal
Therefore, at |east one of the start and the end

Yk desation. {lhes iis streighdenvar ¢ tosimgremhent ang megkes gptimal use of memory.
adj usted such that the start and the end val ues are
Hbwewgaralt conall uietrodiict drsbattinvéley inte lechhsmgmentThermforeeat least one of
bounded by a zero-crossing point of the audio signal.

thBisGaremauhe€end Nadesnd thl isCmbdinid sidrRsisdirefetably QiukR0such that the
into the harmonic. A 15 segnment may preferably be

§tek Bhd e @6ld ahlukh Breldreglial 28R, Crossing of the signal
that occurs after a predetermined mninmumtinme has

Rﬂ%gﬁi\ Jl léaQYlV' s%gm:'egfmsag%e b&fnduf% £ Y L ross rt%?omt of the audio

ensur es hat nu egnents of very short
%I?%”offagé%’%é%%dttwneo%caﬁﬁﬂﬁﬁesa%e i %iﬁﬁt e A
éerémsetnte maya/l prefy ragl?lsbsc’al tgr%ntnlaltgd %%J tclille first zepoalcrogsl?rrlgo gtg the 51gna1 that occurs
after a predetermined minimum time has passed following the start of the segment. This
ensures that multiple segments of very short duration are not produced when the signal
includes frequent zero crossings.

The components are typically extracted in step a. by passing the audio signal through a
low-pass filter.

In step a., a plurality of sets of components within a stop band may be extracted, and a
set of weighted components are generated, in step b., for each of these sets of weighted
components. This allows different harmonics and/or weightings to be applied to

different parts of the audio spectrum. That is, the number of harmonics and/or their

weightings for the sets of components may be unequal.
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20 lowpass filter. In step a., a plurality of sets of
conponents within a stop band may be extracted, and a

set of wei ghted conponents are generated, in step b.
for each of these sets of weighted conponents. This

allows different harnonics angd/ or weightings to be

applied to different parts of the audio spectrm That

i s, the nunmber of harnonics and/or .their 5 . .
i BRRHG SorraT e Dty ORI by leBd RiiRsaafep d. This
-4- 1t is typically necessary for the audio signal is . )
egpice chatithe i\a@mragﬁ #d Bie augiospigpal are ppchiromsedypreas oHRgIr being
the harnonics and the audi o signal are synchronised
gomtoned o t heir being conbined. The nethod finds

particul ar application where the audio signal is a
‘Hheginketilod Sfirgla glartfdubar applicanivhanicee tize sidio tsighedisandigitgliggnal (for
signal) and the nethod is perforned in the digital
ieEideNa didriRMadald 86O 8nASARIGhe niet®diiNP&fdrhea iR FRVdi§ied domain.
an audi o processing device in which an audio signha
FRInEPRENRA Dt AnEBANGE 08 TPRAYdsNGh 4o bidcelsi@SB&Gee B which an
the invention. In this context of this application, an

" audi. i L™ ' | . taj :
PR S A Moo gP B DS O SR S en

y.a tipmpe-varying,electrical,. 10 vpltage t this is
808 confER7 YRS idia Fanl” hE8Ehey T Rl g ancoded
alternative_physical manifestations, a tine-varying ,
wpieseutiay ghatindei he Sigakwaiheeconstitutrdy by potimeyayang, glectrical
di rect physical manifestation, for exanple, being
Y@peeswiitthid innnkriloaldtypngds the oventier.  dhe aignFr may aave alternative
third aspect, this invention provides an audio
prepicadimahifemtidys,t € thfeoraryidd optqal olual Mgn@bnaegkdmple. [t may also
signal, in which an audio signal to be reproduced is
BRl icediréd® phlsicAURhOfRr068S for g afiple, Geingniepbyéiied hii@erically as
second aspect of the invention, an anplifier and a

&'daystem in which the weighting of each
harnonic is determ ned by

From a third aspect, this invention provides an audio reproduction system for
reproducing an audio signal, in which an audio signal to be reproduced is applied to an
audio processing device embodying the second aspect of the invention, an amplifier and
a speaker system, in which the weighting of each harmonic is determined by
psychoacoustic analysis of the amplifier and a speaker system.

In step b., two, three, four or five consecutive harmonics are typically generated.

The advantages of psychoacoustic bass enhancement using embodiments of the
invention include the potential for increasing perceived low-frequency response more
than 1.5 octaves, decreasing power consumption by up to 75%, and decreasing speaker
enclosure volume by up to 75%.

BRIEF DESCRIPTION OF THE DRAWINGS

In the drawings:
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psychoacoustic analysis of the anplifier and a speaker
system In step b., two, three, four or five
consecutive harnonics are typically generated. 20 The
advant ages of psychoacousti c bass enhancenent usi ng
enbodi nents of the invention.include the potentia

for increasing perceived Iom#?requency response nor e

%han i ﬁ oct aves, decreg cons tion ?

igUrP5 b, TISHER! GFe BFTEL | g O % s g 8né YaF& ™ol ‘B’y ags (a) is
to 75% BRI EF DESCRI PTION OF THE DRAWNGS 25 In the
YBI N §5 thes origingl, veavefqriy s miemasy; Gagre (B isotheofead-out waveform
har noni cs of a waveform in which trace (a) is
redursdtbyofeatling omd gf wu¢ryviewpesaommies andreepsayng twiwe go(generate the
Is the read-out waveform produced by readi ng one of

sevend/ himnsg ol esacarid) sepeatadagnt twdvebrinopigdaeidath e rdaimg one of
second harnonic; and trace (c) is the read-out

gavetheseBapipd Wee deoltifi e in Oveseatrale @Y efibt hdte8ic;
sanpl es and repeating three tine to generate the third

ﬁ%ﬁ%‘llﬁstrzﬁ'&wﬁ%t glgbﬁ h%ﬂhréﬁf‘n?pﬁerﬁerftb hrp Emﬁb&ﬁ{ehf St Iﬂﬁltentlon
||Tp enents an enbodi nent of the |nvent|0n Igure

T e

151281‘/353 %lﬁb}v Z(EgTﬁg ?éﬂ%ﬁ%ﬂ?& \Q?\Yet?{?%{ i é Pgrg(}n Bgﬁ?r si y) ?nd harmonic

eatln t he wav forn1 nt er ted wavef or m at
- BE v 8 STE fos BPOVRTE G 36?@0%1 Waleform at the
dlscontan|ty 10 Figure 4 illustrates an alternative

R IRRFR SRR CEITBORI A Aitth th disCBPEEEY es by

generating harnonics by finding and repeating a
igvest r tlustreigeen talisriabye teshi eyihancesrent clgagghmg that operates by
points; Figure 5 is a block diagramof a bass
gankaaniag anhosys be Mirdad anbs epematghodmvefoan bewbatywd hew-to-high
invention; and 15 Figure 6 is a frequency domain
tdrb-usdssiag pomtRf the generation of harnonics and gain

Figure 5 1is a block diagram of a bass enhancement system that uses methods that
embody the invention; and

Figure 6 is a frequency domain illustration of the generation of harmonics and gain
control in an embodiment of the invention.

DETAILED DESCRIPTION OF A PREFERRED EMBODIMENT

An embodiment of the invention will now be described in detail, by way of example,
and with reference to the accompanying drawings.

Introduction to the theoretical working of the embodiment

Sounds are most frequently characterized in terms of four basic quantities: pitch,
loudness, duration and timbre. Of these, the most characteristic property of a sound is
its pitch. Pitch may be defined as “that attribute of auditory sensation in terms of which
sounds may be ordered on a musical scale”, a definition accepted by the American

Standards Association. In other words, variations in pitch give rise to a sense of
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control in an enbodi nent of the invention. DETAILED

DESCRI PTI ON OF A PREFERRED EMBODI MENT An enbodi nent of

the invention will now be described in detail, by way

of exanple, and with reference to the acconpanying

draw ngs. 20 Introduction to the theoretical working

of the enbodi nent Sounds are nost frequently

characterjzed in ternms of four basic quantities:

%‘Ff‘l’éﬁ- Piich Feie§d te dheatspaifiofhtrit Phifeevay orfthgk @ soyrk for a pure
nost characteristic property of a sound is its pitch.

one chismaYTesoBds ithdbe dscqueman aadt fqrb@t@r@ﬂwaaqmpgwytone to the
sensation in terns of which sounds nay be ordered on
fundusérgall frequeney., Sanaepitahi tsi onulzedept gditye, tiheannot be measured
Anerican 25 Standards Association. |In other words,
didgcklgat i ons in pitch give rise to a sense of -6-

nmel ody. Pitch is related to the repetition rate of the

WBHET DI tHE @feoty SOMRM pdr@ptidn VIR huhRR&ichithS s BRIk B8P dRen fully
to the frequency, and for a periodic conplex tone to

¢ _lislflé&?d[ﬂ&%nitsaé) d FEHOR Y, h aQitBQh‘phén enon of the missing
%U e, &

subpjective attri I't cannot € neasure rectfy.

haugh, the theor f.pitch perception in the human
ﬁ@g%%%§g§§%¥é%?%@§8ﬁ§?38%en fully established, there

.S one phenonenon, kno as.the enonenon of. t he .
(iPasticig b i AR AISoURd sansisLngof EB?%@@HESE%&IICLS occurring 200
Consi der, as an exanple, a sound consisting of short

fimpt pelesecerd.i ity sapmdulrasi nlpvw2oach. twinels ipuerysdessni@. the pitch of a
This sound has a |ow pitch, which is very close to the
PoaHhpwt tane, hod 200kp pmbe. t Wrventasm chaemsinas prithi irdyuencieés 200 Hz,
contai ns harnonics with frequencies 200 Hz, 400 Hz,

HAOHKZ ,60800:, HR00 HEC .etACCHcdbidithd Qot he phempnenan odfthe missing
the mssing fundanental, if the sound is filtered so

AmdhAedtIaY &hé RBuRP At e enaRt 1o tdifovePIeC20eE cBhipbhent, the
does not alter. The only result is a slight change in
f)é}gei@é.d@irtﬁl 88estddR alter. The only result is a slight change in the timbre of the
note.

The low pitch associated with a group of high harmonics (200 Hz, in the above
example) is called the “residue pitch”. Experiments show that the residue pitch can be
heard even in the presence of low-frequency noise which would mask the component at
the fundamental frequency. Thus, the residue pitch may be perceived via neural
channels that normally respond to the high-frequency or middle-frequency components
of a signal. Even when the fundamental component of a complex tone is present, the
pitch of the tone is usually determined by the harmonics rather than the fundamental.
Thus, the perception of a residue pitch should not be regarded as unusual. Rather, a
residue pitch is what a person normally hears when listening to a complex tone.

Since the a particular pitch can be perceived without the presence of its fundamental

frequency component, it should be possible to replace the low-fundamental frequency
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note. 15 The | ow pitch associated with a group of high
harnonics (200 Hz, in the above exanple) is called

the "residue pitch". Experinments show that the residue
pitch can be heard even in the presence of

| ow-frequency noi se whi ch wouLd mask the conponent at

t he fundanental frequency. Thus, the residue pitch may

ge_p rceived via neural channel s that normally

égﬁgwanq%%t hEDIRtEARNIUE FaB R8P e esd . T BHykipes Where the low-
conponents 20 of a signal. Even when the fundanenta
fensopesrungs cannebrasiiidx be ererdted. pFersaxample, litgls indierentlyiifficult for
the tone is usually determ ned by the harnonics rather

2 braall sprakénm@anenteahe lowFfragyenthbagsdrecayst itonizefis much smaller than
resi due pitch should not be regarded as unusual .
fRatwaetlength of @sd ued.pi tch is what a person normally

hears when |istening to a conplex tone. Since the a

PRE hpplidationRtb thR cxbdpfemer cei ved without the presence
of its fundanental 25 frequency conponent, it should

' t | . fi . L
PR P8 e B ) 1 R ERL Al B¢ o i,
ationﬁrmhere the, |l ow. fre sounds

BBl B, EbSTAE SRRt el ST 8808545 v
I.nherent| jfficult for a.small speaker to generate
FiaashanRtdutibnugt e plcdit bo e SEisnens ik

smal | er than = the wavel ength of the sound. 5 The

bobe digatal demais, @ eUWdenbyséirmeistsammpled adddisiiizagiip be represented as a
operates by transformng a digital representation of

semeaudi bitsi ghtel digithh wave®rmntodbeetdred.t Hewdlisgmplel and repeated.
representation has a fixed sanpling rate, e.g. 48 kHz.

Assunsf taneid sspnednt bhehesinalwdvakes plfacestomidtil@nemory at a fixed
digital domain. In the digital domain, a sound

YA el STHHhE aredrflii9irdddZRA o Rife FrRRIRS aNt&LraAHifferent
a 10 series of bits. The digital waveform can be '

DB ks, %Y\@Xaﬁﬁ‘ﬂal s eﬁ&gtertﬁ@ge%t)ﬁ(fj' anﬁérﬁy,r[}%etog@%@@\go samples is
segnent of the sound waveformis first stored in

1HIRLY of Eheasafn%exr%qe as the sampling rate, i.e. 48 kHz. In order that the second
harmonic occupies the same time duration as the original waveform, this process of
reading the data from memory is repeated twice. This will produce the second harmonic
of the digitised signal. Similarly, the third and higher-order harmonics can be generated.
Figure 1 illustrates the relationship between the digitised waveform and the harmonic.
The original waveform at (a) is transformed to its second harmonic represented at (b).
One feature of this method for generating harmonics is that since different harmonics
are read out by different circuits, the harmonics are naturally separated. It is therefore
straightforward to weight each harmonic with different gains after they have been
generated. Another feature is that no matter what frequency components are in the

fundamental signal, all of its corresponding harmonics are generated; that is, the

generation of harmonics is independent of frequency. Moreover, no matter what is the
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sanpling rate. Then, the waveformis read out fromthe
menory at several different interleaves. For exanple,

to generate the second harnonic, one of every two

sanples is read out at the sane rate as the sanpling

rate, i.e. 48 kHz. In order that the second 15

har noni ¢ occupi es the sane tine duration as the

original waveform .this process of  reading the data
%mmﬂv%%mﬁ rsgingd egeb ok O Bs hamRpaichare sgeriek i thgeproportion.
second harnmonic of the digitised signal. Simlarly,

Thes 13, hhe gengradiohi fHermeniders 1hdgpepdint o @mmllbeieg dhesimpdrepeating
Figure 1 illustrates the relationship between the

e grdcesse enynardef aff the hathdnie chabergaiecated. The ori gi nal
waveformat (a) is transformed to its second harnonic
Fapreaaihebhsatn{dhtemaf s@iemf @8y wechadhotibs 6f thetidwdreg@éncy band,
generating harnonics is that since different harnonics

Whith " 8aghedttr Bhrdi frRLENLIY %Jn‘é#ﬂté SneddN®ehgERRESS %@refore a
naturally separated It is Ttherefore straightforward

f
EO%eéﬁdn ‘ﬁasgégﬁ‘é?%f%ﬁ% e S rbdfiet Eprogessed by a
quency conponents are in the

q%ﬁ@ﬂﬁéﬁ???“@%ﬂ MY all of |ts correspondi ng har noni cs

%gnerated that. is, the generation of harnonics
lgmie Bpshrefenen 6¥g°f‘F'E’qﬁl&ﬁé'§‘PleW§P§o%/E+SS cHbANGEIERY SYRIsHY using the
is the -8- anplitude of the original signal, all of

mh@uﬂﬁﬂﬁﬁh¢9§5gﬁ@“g@n@mated in the proportion. That

is, the generation of harnonics is independent of

Writh iefanetee tBYFigurapd, yn tepelgdrithg, thdréefptlocasisriglaniR)ahderel audio
of the harnonics can be generated. For a practica

inPes afNihadigedTEim & Weitiemixedbampiie Merdroniigsz. ofhd hend R channel
| ow-frequency band, 5 which a speaker cannot

£t 1.86dd MebieIRNEY, ef&l@owaﬁ@dtmlo@@ §s"saﬂ1?e¢s 15 h@,r»%ftﬁ) rdﬁ”fer@nt cut-off
correspondlng Iom#pass filter nust be applied t

(ﬂlgf%le?qﬂ P%i§ eHboHan gur i gg P? I—ﬂalre e@ 1961P19(Sln rhaltematlve

ratlng CII‘CUI rate an a

16}[%;{8? téogl, e ?%@Hﬁr g\gf eq(?ﬂrs]sh ?ﬁsrgga?ﬁn%%s%ﬂceén bl}J'SE{ Qegnd pass filter with
passing band 80 Hz to 300 Hz.) The two low-pass filters 12, 14 are needed to cover the
poor low-frequency response band of an audio speaker, such as an audio beém speaker.

For example, if an audio beam speaker system cannot efficiently generate frequency
components for f < 300 Hz; that is, the speaker system will be said to have a stop band
extending up to 300 Hz, and a pass band of 300 Hz or higher. The above two low-pass
filters 12, 14 are necessary for good bass enhancement in such a system. For example,
in the case of a fundamental frequency of 150 Hz, its second, third and fourth harmonics
are 300 Hz, 450 Hz and 600 Hz respectively; these harmonics all fall in the pass band of
the speaker, and therefore can be generated effectively. While for a fundamental
frequency of 80 Hz, the second and third harmonics are 160 Hz and 240 Hz

respectively. These are still in the stop band of the speaker system so cannot be
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10 Wth reference to Figure 2, in the algorithm the
left (L) and right (R) channel audio inputs are in
digital format with a fixed sanpling rate of 48 kHz.
The L and R channel are added together at 10,
followed by two | owpass filters 12, 14 wth different
cut-off frequencies, in this enbodi rent, of 80 Hz and

3Q0 . respectively. (l.n an_alterpative, :

?fgfﬁrlgﬁmea A, HAesdg! e foamf*pége anq Rt haappigs are used, they
repl aced by a band-pass filter with 15 passi ng band 80

¥ 328 Hypd0plz) a8 0 ke raseontiyalys Whidht ase ¢l vpithin 4hgypess band of the
needed to cover the poor |owfrequency response band

gealen guwio sieekere, isicHeasbinthaudiodiffeagnt spsafequency bands,
For exanple, if an audi o beam speaker system cannot

diffeient goupyofiemmoaice tHat agleleyfferemnpadte bt asddor f < 300

Hz; that is, the speaker systemw || be said to have a
AltoRatdadig if Sxethanwiiigh bPthk QtopManttlaf a 8psdker Raem RMEwRle, a single
300 Hz or higher. The above two | owpass 20 filters

%gvs—ﬁ}é'sé fiifef Wt?lcaeaﬁﬁfff’ fé%(ﬂre.n ?ﬁt p&?&g@rﬁ%qg QEéJE;g:;er ibBur?c?JSpthe stop

stem For exanp In € cas ament a

%&%QH%§$ e%&“%%ga%ﬁﬁg3&%gse°°”d’ third and fourth

armoni c are 0 Hz and 600 Hz respectively;

ese harnpnics.all fall in the pass band of the .
L SR B R o r o coiPye g e Qe PcRdsy ity 12, 14 i
Wil e for a fundanental frequencg of 80 Hz, the

geegarpodply domin-sendecrbhiaciactar ef 260 and 4had] @4mdihe Zigwn-sampled
respectively. These are still in the stop band of the
gpeak are sopsttedy sopaanelgt the thgee afd catri traky (geBrtat estore their
However, if the fourth, fifth and sixth harnonics are

uagtls td theyof tae erigialdl diignal 40Q akzthamestoABI0 Dizing the storage process, the
respectively, which are all within the pass band of

$dnebling PARKS at SitThe Bf tHh@Rkr Will bd cﬁaﬁg_@cﬁw & Blatibahs shown in
for different bass frequency bands, i fferent groups

f [ LAGH L S
B P b PRt e s

SR YRR 2 Bt BB R S SR L i s
grggqn(ﬁ@grgtﬁi H%ats &N?l probdzi‘igcgj tfgef setclc?ned,st}ﬁ)i?gka%[i fgﬁ%h l?xgrmonics respectively.
Since these harmonics are generated separately, they can be weighted by different gains
(at 22) to produce the best psychoacoustic effect. Finally, at 24, the generated harmonic
groups are summed together and the two groups are then added back to the original L
and R channels 26, 28.

An alternative algorithm to avoid discontinuity within the harmonic waveforms is to
segment the original waveform at zero-crossing points. More specially, the input signal
is first analysed to find its low-to-high zero-crossing points (or high-to-low zero-
crossing points). Then, the waveform is down-sampled and repeated between two
successive zero-crossing points. The process is as illustrated in Figure 1. Continuity

between repeating waveform segments is guaranteed since each segment always ends



10

15

20

25

The segnmented waveformthat is output fromeach of the

| ow-pass filters 12, 14 is sinultaneously

down-sanpled by a factor of 2, 3 and 4 at 16, and the
down-sanpled 10 signals are repeated, respectively,

two, three and four tines (at1 0) to restore their

|l engths to that of the original signal, and are then
stored. During the storage process, t he sanp

4 bRt gt 978 Cnng ng P e SR FIPBFRAUGRI °b@‘%ﬁ@?¥@e°dl fsythe segment
i nterpol ation as _shown in Figure 3(c) to reduce

length dntamahle yinpethvie dateanimed by ibhinpahsigodle Treglow ferethe situation
the stored sanples are read-out at the same sanpling

where teb adpreennpurd-cdasiag(ph8ntk dre fan aphitssufcienbogimventq store the
That wi Il produce the second, third, and fourth

segmRDNIMTIS bce$p3&i‘,deidvehylditioﬁdilt}c eo thhadie thakitmioaswidre two adjacent
generated separately, they can be weighted by

£Hrd LRIsSRE paait Sery(tad cRRg, foP eRdrsldGhehBe BIRRAI is in silence during a
psychoacoustic effect. Flnally, at 24, the generated

R@h PR8I HassIEOHP e £er! %FBE% 9gRIdNeLq Q}I;]‘AO e, the separation
¢ PR PO Wy

groups are then added back e origina

8 Qé’trekhse a.%besglafe %Qo -C cxﬁ?m% rﬂn% |1§/?m l ri Jfﬁe[nb oc#aa/lagram of the

scontinul t orns’i's
nt or i |naI fornrat er o- crossi ng points.

%@&HE§H%§?§?H§Q'FH?SWHﬁﬁgmgﬂﬁﬁaszlgeﬁrrst anal ysed to
find.its | owtao-high zero-crossing points (or
HreRuemof haaleertim Bilbserhg dseirbed) . Then, the waveform
i s down-sanpl ed and repeated between two successive
Tlg b-avd &sshangelput ntded Dhethgrad@sand &dds ai lovgsass difted32 to obtain
Figure 1. Continuity 25 between repeating waveform

the gowe ficquérk y gaarainkie @doinyCaideas pna e give Milteaddvigiil &'8isred into a
- 10 and begins at zero-crossing points. A consequence

wfffer Mhein@p BuOahé SarkdE8mS CIBNERL high Qé}ﬁtdﬁodsﬁtg\/pﬁﬁﬁt@ﬁteedetected and
since it Is determined by the input signal. To a

rfe%rdt‘:(lps §'dHé@tto'r@@ A‘Wl‘ﬁﬂﬁlutn IpquJ:l@r? fimé BEQveeh ?\%5' &%gsswe ZEero-

p0|nts are far apart, sufficient nmenory to store

%W%‘ﬁmmém% nl%g edot\élad%% cre %dl t naleln¥ ’thatto Qt%lnns ontl)é small near-

J acen Fo-Cr 08SiN
t 0o ose | e mhen the si gnal |s in

\éq% \échétgat(rﬂﬂslaﬁéﬂ ght re c%uge Y Nnols

To generate harmonics, the signal in the buffer memory 34 is read out at different
addressing rates. To generate the second harmonic, the reading address is incremented
at a clock rate that is twice the input data rate and signal is read out, between two zero-
crossing points, twice, as indicated at 36. The time duration for a twice-repeated
reading of the signal at double the clock rate is exactly same as the duration of the signal
written into the buffer. The process of reading out the signal will proceed to the signal
segment between next pair of zero-crossing points. Similarly, the third, fourth, and
fifth, and higher harmonics can also be generated, as indicated at 38, 40 and 42. To save
the memory space, all these reading addresses can be multiplexed to read out the same

input memory data. The reading out harmonics data are stored into their corresponding
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hi gh-pi tch passage or were zero-crossing is produced

by noi se, a mninum separation between the successive
zero-crossing points is inposed. The bl ock di agram of

the algorithm based on zero-crossing is shown as in

Figure 4. Operation of the algorithmw Il now be

descri bed. 10 The L and R cha nél are added together

at. 30, and fed to a |low pass filter 32 tg obtain

eginiers ddudiese gap capthaps f%ernWﬁ@hgéohyOd1§tegqﬁla|gam$hlélustrated at
filtered signal is stored into a buffer nenory 34. At
fhand agdeditpgether ay i mad addgd baek - be esginabsigeil at 80.ar e

detected and recorded by a detector 36. A m ni num

belpdh af ilembione tases, the tweegningwo bs goeagsicaeh atthe-harmonics must be
crossing points is inposed to avoid creating a segnent
tdhailatednThie NSmOB | tHatShBIptacest@arsignibsiRl D b labet Wakh @8Sroduced, to
as mght be caused by noise. To generate harnonics,

érofe SdngB@dio | dFfech @ f HEH QErcBREBIYaBY. | Fof felce®bd quality, it is
different addressing rates. To generate the second

%ﬂf“ggﬁl 'a‘ﬁ'alﬁtnﬁ gtF&ﬁlgé Q%a&d&fegtsfs digse! a@ g[)?snﬁ@'tc?gle ?% irfal audio signal

rate t I's twce the input data rate an
{Sm grgepercegtll(/eﬁg Bg%%ea lg%elél?és a"]‘{qio? \xcmfe S%usgggcegsive 'variation
tw ce-repeated 20 readlng of the signal at doubhl e t he
By Be kimbye ?tee sigggh | yh %aﬁ@oae§5t%earaef s epgigal %lﬁ@ll "mst also be
signal witten into the buffer. The process of
plegngfl rigjthothe hamoricg parhapinp | defyoeady nesceived. shgeatimal bass effect
segnent between next pair of zero-crossing points.
Sinmnhd avhieyed tihthe tfreiquehcyfresponte, o fathd spéaket ysteands ioghely analysing
har noni cs can al so be generated, as indicated at 38,

the ogilgthattdgnal @nd allfstind @ e Mefoic HACEd ddldystb@speriment.
readi ng addresses can be nultiplexed to read out the

AdBIBCl Bialgfph bf mﬁled@séenﬂ_ﬁh@em@ﬁ@yﬁlﬁwm111U§fd’t@:ﬂh§§l Figure 5.
data are stored into their corresponding -11-

Ef;ﬁg é\?g thetdft a}qﬁ‘? t BeS R tl‘ieh@r{hlg?%if Md'i&g&rnﬁrg Bgs‘égd through

erent galn ustrated

SRR e AR 5 Lol Romgiement
g'(lls\s/eer}lhtar?ce?n%%p a gfouttllt]rg Qsazier:rsgﬂlbgds aggge The output of the enhancement
module is added to the output of each of the delay circuits 60 by signal adders 64.

Psychoacoustic signal analysis typically include analysis of the signal frequency,
loudness and durat.ion; that is, it analyses the basic features of the sound. Then, the
results of the analysis can be used to adjust the cut-off frequencies of the filters, to select
groups of harmonics and to adjust individual harmonic gains within the group. For
example, the loudness of the original bass signal can be analysed and the gain of its
harmonics can be adjusted to create the same perceived loudness effect. It may also
include an analysis of the frequency of the bass signal to select the appropriate

frequency response of the low-pass filters and/or dynamically adjust the number of

harmonics and select the most appropriate group of harmonics.
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calcul ated. The aimis that the processed signa

shoul d be able, when reproduced, to 5 create an audio

ef fect of high perceived quality. For high perceived
quality, it is generally an aimto produce a bass

effect as cl ose as possible tg the original audio

signal (in the perceptive of‘pltches | oudness and
duration) while not cause excessive variation in the
T'i‘%?tém%)‘fp%rﬁ@e@’fsg‘?fa‘lhe bRReCRIPF GBS SKHCB e alp dependent upon the
original signal nust also be aligned wth the

praforpaneesoisibe toniginah speiécrasystsan  ber paanude.vieds indgprtant to know the
opti mal bass effect 10 can be achieved if the

fre@guencppores pdnse ooginhhgpesloe ak aelestys tig rablesclcrodiiredpyency of the
anal ysing the original signal and adjusting the

Iar i filrelgs flferand WeletymideywiaxperdeBithe hdmidmekshould be used.
di agram of the whol e bass enhancenent systemis

Oblimat btk @Hh@RehBniicld 6n he ofithd RNRMRedt th@ ohindMhlied to the
right channels of the unfiltered audi o signal are

ti
%é*?iﬂ?f*‘ M RHR ok RARRS T8 1EFh SN %%ﬁ%%ﬁfi%m%ldi Riiided by these
bass enhancenent al th descri aboye. The
%fﬂ?op e E Rne e s ha AR e R B rod FO ReneRled and can
ut of each of the delay circuits 60 by signa
giare bg acparpely adpistedi ! ﬁe@n&ﬁﬁms a(FFHPE’/@EéV‘EhySGie@HP% gne or more
i ncl ude anaIyS|s of the signal frequency, |oudness
dffgreatirlavirnss filteis Weh appremals Jessuenty espbeses.esheudesired bass
of the sound. Then, the results of the analysis can
trthansatent offedd jcas be teblsélydutpmlﬁéméck ehhie ficites ofthet freposed method in
filters, to select 20 groups of harnonics and to

ﬁeuuéﬁ&ywﬂamnlsdmkvnhamnw gains within the group. For
exanpl e, the | oudness of the ori gi nal bass signal can

P ARk vsRMtHans eﬂhB@d)gﬁ'g theQhvdritidn cHRHEDRApEMeARA l@eelther hardware
adjusted to create the sane perceived | oudness éf

cy of
TRt dR  HhBAY e Rl Pl b2l ?“E%uency
response of the |ow pass filters and/or dynami cally
adj ust the nunber of 25 harnonics and sel ect the nost
appropriate group of harnonics. 12- The opti nal
paraneters of the bass enhancenent systemare al so
dependent upon the
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performance of the original speaker system For
exanple, it is inportant to know the frequency
response of the original speaker to select a suitable
cut-of f frequency of the |ow pass filter or filters
and to determ ne which orderqu t he harnonics shoul d
be used. 5 Optimal bass enhancement relies on the
opti mal adjustnent of the gain applied to the
gener at ed harnoni c conponents. The harnoni c generating
nmet hods provided by these enbodi nents have the
advantage in that the harnonics are individua
generated and can therefore be separately adjusted by
Qlaimer ent gai ns. Conbing with selecting one or nore
different lowpass filters with appropriate frequency
responses, the desired bass 10 enhancenent effect can
be easily inplenmented. This feature of the proposed
et hofl mhdthod fo? @HIRMEI AR di ghab BOWFYidiRg:Fi gure 6. The
above al gorithns enbodyi ng the invention can be
i npl e | Fe: I ] i
erent ook iy fﬁﬂn‘i bR mﬂ%{)é’&ﬁﬁot cﬁmaeng that ¢t %ﬁ@o %t\cl)\gpzél‘?d,

hybrid systemthat uses rdware a

-13- Jdaims. 5 1, A nethod for, enhanci an, aydi o .
si gnal” CaIpPig et oL el i R ORPO Rl e e R fomponents using

conponents that_ fall wthin stop band; b. generating
a set oPrBﬁEmﬁ?f 'ES?ER”ﬂ%ﬁ“g§ﬂﬁ?8?$e extract ed
conmponents using ~a nmethod of down-sanpling and )
r epeati MigIngygAch Harmgnie dvhcHuofsig Hs wlrbghtap@hqamﬁg to it of a
its gain by application to it of a 10 respective

wei ght i megptetoteorgiglang fdctogddiing t he wei ght ed har noni cs

to the audio signal to create an output signal. 2. A

met hodl adéiap dhargeighted lhaindrdicd 18 tdaweiio Sibealwec@atel aadbudiut signal.
each harnonic is determ ned by psychoacoustic

anal yAi @ebd aRcaddigoio” ERMPAUGT WaRthSHste&ng Whiesdh hdionic is
transfornmed signal will be reproduced.
determined by psychoacoustic analysis of an audio reproduction system by
which the transformed signal will be reproduced.

3. A method according to claim 2 in which the psychoacoustic analysis includes
analysis of the signal frequency, loudness and duration.

4. A method according to any preceding claim in which each harmonic is generated
by creating a down-sampled intermediate signal the audio signal and repeating
the intermediate signal such that the harmonic is of duration equal to the audio
signal.

5. A method according to claim 4 in which to generate the n™ harmonic, the
intermediate signal comprises every »" sample of the audio signal, and the
harmonic comprises n repetitions of the intermediate signal.

6. A method according to any preceding claim in which the audio signal is

segmented prior to step a.
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15 3. A nmethod according to claim2 in which the
psychoacousti c anal ysis includes analysis of the

signal frequency, |oudness and duration. 4. A nethod
according to any preceding claimin which each

harnmonic is generated by crq%ting a down-sanpl ed

i nternedi ate signal the audio 'signal and repeating

the intermedi ate.signal. such that the harnmonic is of,
du?at‘gélf*?t]é%%ﬂco'id(b“& R it B the seaapegtsare o5equal Hpeklyption.
according to claim4 in which to generate the nth
haSnohingethedheccording fneldima? as depgrdentcinmicliamst by whighpt feast one
sanpl e of the audio signal, and the harnonic

conpraéfshe startapg ¢hd ¢ridormduesfof theanienhedintedigiabissidgrstdd. subh that the
A nmet hod according to any preceding claimin which the

audi ostat gmbiheiead valhesagwEng et vpineor to step a. 14- 7.

A net hod according to claim6 in the segnments are of

eqgal Atrh&Bodl e diAB 1o &laif e84 ROGkIAGLArElAent B YouBldd ¥y a zero-
as dependent fromclaim4 in which at |east one of

the stadsinARfnd JI8h N/ %ﬁﬁs of the internediate

iy &
signal is adjusted sué% at the start and the end

o1 AP R tifoace SRR o Fultbainy it S FRRaRS BT Y O st rero

crossin%. oi nt_ of . the audio su%nal. 10. A net hod. )
accordPHy'% 8f dheyisigna! {17t \ASFWR ieE &g RESHEteBINed HRRBgtime has
at the first zero crossing of the signal that occurs

af t erpaasqsrfetevimethoaart wf Hiersagmeitne has passed

followng the start of the segnent. 10 11. A nethod

acdorAi mgthod @wyrdme e dinpgpretaing ichimhinc whidhethe components are

conponents are extracted in step a. by passing the

audi cexsiagedlin stbp aUghpaasih@Wepad® digral erough?a 1ov-pk HoEr.

according to any preceding claimin which, in step a.,

a PRUAahdthyd @écording to any preceding claim in which, in step a., a plurality of
sets of components within a stop band are extracted, and a set of weighted
components are generated, in step b., for each of these sets of weighted
components.

13. A method according to claim 12 in which the number of harmonics and/or their
weightings for the sets of components are unequal.

14. A method according to any preceding claim in which the audio signal is subject
to a delay prior to step d.

15. A method according to any preceding claim in which, in step b., two, three, four
or five consecutive harmonics are generated.

16. A method according to any preceding claim in which the audio signal is a digital
signal and the method is performed in the digital domain.

17. An audio processing device in which an audio signal is enhanced by a method

according to any preceding claim.



sets of conponents within a stop band are extracted,
and a set of weighted conponents are generated, in
step b., for each of these sets of weighted 15
conponents. 13. A nethod according to claim12 in

whi ch t he nunber of harnnnlc% and/or their weightings
for the sets of conponents are unequal 14. A net hod

to any preceding claimi.n which the ud

o et B Gt Mof SR dp g i be o s pttgel Sow Righ an audio
A met hod according to any Precedln claimin which, in
step penal toube reprodaceds i§ gppligh tq p@@u@@ﬁg@@ﬁﬁmg@evwe according to
haroni cs are generated. 16. A method according to any
pr ecedding 1¢] an amiph figh piet atspeakgn dysesi gnathidhsthg wigighting of each
signal and the nethod is performed in the digital
domai lmrmbiic Andetadhideprine esghogodstid aalyydis vdfi the amplifier and a
audi o signal is enhanced by a nmethod 25 according to
any pipegiedisiigersl ai m  15- 18. An audi o reproduction
system for reproduci ng an audi o signal, in which an
audi o signal to be reproduced is applied to an audio
processi ng device according to claim17, an anplifier
and a speaker system in which the weighting of each
harnoni c i s determ ned by psychoacoustic anal ysis of
the anplifier and a 5 speaker system



